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CLAIMS 



1 A A method of suppressing noise in a signal, said method comprising the 



steps of: 



estimating a signal to noise ratio for said signal; 
classifymg said signal to a classification; 

calculating a gain for said signal using said signal to noise ratio and said 
classification; and 

modifying said signal using said gain. 

2. The method of claim 1 further comprising a step of estimating a pitch 
correlation for said signal, wherein said calculating step further uses said pitch 
correlation. \ 

3. The method of claim 1, wherein said signal is one channel of a plurality of 
channels of a speech signal. 

4. The method of claim 1, wherein said calculating step calculates said gain 
based on y^^ ^ l^zi - Otk) + y^, and wherein //^ is adjusted according to said 
classification. 1 

5. The method ot claim 2, wherein said calculating step calculates said gain 
based on y^^, = //g (^cr"^ - Ot^) \+ y^, and wherein //g is adjusted according to said 
classification and said pitch aorrelation. 

6. The method of cJaim 1, wherein said signal is in a time domain, and said 
method further comprises a step of converting said signal from said time domain to a 
frequency time prior to said estimating step. 
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7. The method of claim 1, wherein said signal is in a frequency domain, and 
said method further comprising a step of converting said signal from said frequncy 
domain to a time domain after said modifying step. 

^ A method of suppressing noise in a signal having a first portion and a 
second portion, said method comprising the steps of: 



computing a v 



estimating a si 



icing parameter using said first portion; 
^nal to noise ratio for said second portion; 



calculating a g lin for said second portion using said signal to noise ratio and said 



voicing parameter; ani 



modifying said signal using said gain. 



9, The method of claim 8, wherein said first portion of said signal is ahead of 
said second portion in altime domain. 



10. Themetho 
speech coder. 

1 1 . The methoc 
classification of said first 



of claim 8, wherein said voicing parameter is computed by a 

of claim 8, wherein said voicing parameter is a speech 
ortion. 



12. The method lof claim 8, wherein said voicing parameter is a pitch 
correlation of said first portion. 

13. The method of claim 8, wherein said calculating step calculates said gain 
based on y^h ^ l^g( o''q - c^thA + 7«9 and wherein jUg is adjusted according to said voicing 
parameter. 

14. The method of claim 8, wherein said calculating step calculates said gain 
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ised on y^b fig( o''q - Oth) + y^, and wherein y„ is adjusted according to said voicing 
parameter. 



yl5. The method of claim 8, wherein said signal is in a time domain, and said 
method mirther comprises a step of converting said signal from said time domain to a 
frequency \ime prior to said estimating step. 

16. \ The method of claim 8, wherein said signal is in a frequency domain, and 
said method fmlher comprising a step of converting said signal from said frequncy 
domain to a time domain after said modifying step. 

A noise suppression system comprising: 
a signal to nmse ratio estimator; 
a signal classifier; 
a signal gain calculator; and 
a signal modifierji 

wherein said estinktor estimates a signal to noise ratio of said signal, said signal is 
given a classification usins said signal classifier, said signal gain is calculated based on 
said signal to noise ratio ana said classification using said calculator, and wherein said 
signal modifier modifies said signal by applying said gain. 

18. The system of claim 17 further comprising a signal pitch estimator for 
estimating a pitch correlation of said signal for use by said gain calculator. 

19. The system of claim 17 further comprising a frequency-to-time converter to 
convert said signal from a frequency domain to a time domain. 

A system capable of Suppressing noise in a signal having a first portion and 
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^second portion, said system comprising: 

a signal processing module for computing a voicing parameter of said first portion; 
.signal to noise ratio estimator; 
a siVnal gain calculator; and 
a signal modifier; 




m 

JO 



wherein>said estimator estimates a signal to noise ratio of said second portion, said 
second portion gain is calculated based on said signal to noise ratio and said voicing 
parameter using said calculator, and wherein said signal modifier modifies said second 
portion by applying s^d gain. 

21 . The system of claim 20, wherein said first portion of said signal is ahead of 
said second portion in a time domain. 



CO 
UJ 
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n 



coder. 



22. The system oY claim 20, wherein said signal processing module is a speech 



23. The system of claim 20, wherein said voicing parameter is a speech 



15 classification of said first portiom. 

24. The system of clain\20, wherein said voicing parameter is a pitch 
correlation of said first portion. 

25. The system of claim l\k wherein said signal gain calculator determines said 
gain based on y^^ ^ ^^g( <^^\ - Oth) + 7/7? Wd wherein //g is adjusted according to said 

20 voicing parameter. 

26. The system of claim 20 further comprising a frequency-to-time converter to 
convert said second portion of said signal from a frequency domain to a time domain. 
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